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1. Introduction

The new proposed Transport Protocol specification for Packet Switched Conversational Multimedia was discussed in the last TSG-SA WG4 meeting [1]. At that time the media type requirements for AMR and AMR-WB codecs could not be agreed and was therefore not approved as a working assumption. This contribution clarifies the proposed text in the draft specification to better understand the requirements.

2. Background

In the draft Transport protocol specification some additional requirements to the current IETF AMR and AMR-WB RTP payload given in Annex B of [2] were given to optimise the RTP packetisation for conversational service in wireless environment. The intention is to minimise the overall system delay and the bandwidth over the air interface. In addition, some optional features available in IETF RTP payload were disabled since they are not applicable in Release 5 IMS. 

3. Proposed requirements
This section gives the proposed requirements with justification:

To enable bandwidth adaptation, the codec mode requests shall be supported. 

The intention is that the AMR and AMR-WB codec follows the codec mode requests given in the mode request message within the RTP payload. This is needed e.g. to enable interoperability with legacy GSM and GERAN AMR service.

To optimise the bandwidth usage, the bandwidth efficient operation shall be supported.

The RTP payload specification only recommends that both, the bandwidth efficient and octet aligned, operations should be supported. Since the bandwidth efficient operation with less overhead suits better for the wireless conversational service, it is obvious that support of it is mandated. 

It should be noted that octet aligned operation can still be used. The MIME types contain a parameter for octet aligned parameter. Hence, if octet aligned operation is desired it can be signaled out-of-band using SIP/SDP signaling. 

Mandatory support for bandwidth efficient operation and out-of-band signaled optional octet aligned operation also guarantee the interoperability with every terminal.

To limit the overall delay, one speech frame per packet is preferred, and the maximum number of speech frames in a packet shall be two.

For conversational services, the overall delay is very important. If the number of speech frames in a packet is more than two, the algorithmic delay due to the buffering will be 65 ms or more already on the application level. 

The packet size increases proportionally when several speech frames are included in it. On the other hand, the radio bearer is typically assigned based on the source codec (media type) bit rate. Now, a packet containing e.g. three speech frames needs to be segmented into several transport time intervals when transmitted over the air interface. That is, the delay is further increased in the RLC level. In mobile – mobile connection, the delay is doubled when the segmentation occurs also in the receiving link. Considering what is the maximum bearable delay for conversational service a RTP packet shall not be allowed to contain more than two speech frames.

Interleaving shall not be used in conversational services.

Interleaving is an efficient tool to fight against packet losses. However, to be able to use interleaving efficiently, the number of speech frames in a packet needs to be at least two. In addition, the interleaving depth needs to be longer than two frames increasing the end-to-end delay dramatically. 

Internal CRC shall not be used.

In Release 5 IMS the erroneous payloads are not transported to the application level. That is, the RTP parser and media decoder always receives error free packets. Therefore, RTP packet (codec) internal CRC check is not meaningful. The CRC only increases the bit rate by eight CRC bits and possible overhead due to the octet aligned operation.

At the IP protocol level the UDP packet checksum will check the errors within the packet. UDP checksum covers the whole UPD packet including the UDP packet headers and some of the IP header fields (IP pseudo header). That is, if the checksum identifies an error in the packet it can occur anywhere in a packet. In principle the checksum can be turned off, but it is not a safe solution.

The CRC check in RTP payload is useful only when the packet contains several speech frames within the streaming application and the UDP-lite protocol is used. However, IETF has not yet finished the work on UDP-lite, even the working group draft has expired. In addition, a new profile would be needed in the ROHC header compression algorithm [3] if UDP-lite was introduced. Hence, it is not likely that UDP-lite would be finalised in time to be applied in Release 5 IMS.

4. Conclusion

Based on the justification presented above it is proposed that the requirements are approved in the Transport protocol specification.
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